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1^ 



1^ 



(2) 



!h¥rj^ 10-63300 



m^m.^ L p c#Bjc-r §msg*Jf o l p c-a-^ss > -^e 

[11*315] Hic. ^MtS'ir*&n1<5-r5^?Hff«^^rt 

[0 0 0 1] 
[0 0 0 2] 

u- K (-8kbps PS!1E) (.og^^'Ti/JjEEffirr-^fkrtTJi* 
«b lb ^-UT 1. ^ 0 'H T-(-t > V S K L P 4=3 ,J; U< p S I 



i±, CS-ACELPi:l^9??F-§-fl::^5*:7)5 8 k b p SCO 
dOSf^lill^f 7" *fk:*-5t b L S it. I T L' - T ®J 
&G. 7 2 9 >?t(:o-Cl^5 (I 9 9 5fl^), ZHhO^^ 
T^r^^fblV^TiL'L, CELP^^iC ("CODE-l-XClTED LI 
NEAR PRIDICTION (CELP):HIGII QUALITY SPEECH AT VERY 

LOff RATES", Maiified R. Scliroedei, Bislinii S. Atal, 
Pioc, ICASSP'85, l)l).937-940{Cf^i|^$i^Tl/^5) -tik 

[0003] r c-C\ C E L P:^5<:col;M<]T/U3'y X 
P c («/l^-T(l^.fc) 'tn^\t-r-6 b\^^')Zbb.^U 

*rtT 9 ( A - b — S : A n a 1 y s i s by S y 
n t he s i s) 'r^fflUTV^5C>^C#^S^^"LTV^ 

5= ^j:*3C ELP-C(i-9S:{c, A;':i^^Srfe5HWr'Til 
-cER.^ w>{c53^ifcLPC5>w 

[0004] H 5 fi, Vi^n c E L P^i^:^m-§-{k:iSK 
OStg7't3 y ^ mxh'6. > -^U^itU 1 5 2 
!±, t-E«cDCELP5i^^??-§-fkySB (He -.mmm 

1-5) ;5^biibttfc^^??r^ (LPc??-§-. mm^n^ 

iilgra 5 1 SriiLT|g#1-5= i^iC, LPC??-?-%IM-^ 

> '>m^-itLxmmmn^m<nm^i\:y^ s 

:)iL. m-§-(kLPCW.iSc^LPC-a-fi)cai5i 5 6--tH;^1- 
5= 

[000 5] SEf)^jJS54Bj<;g|5 1 5 5 fj. -£1", JD^^r^^ 

o'tmit^^ > ^i:'!^icxmm^wMm(sm^^!i'^^>'±n 



Ct) 



[0 0 06] L P C g-RJtrfP 1 5 6 }i, mh^M±l^%^> 1 

5 2^1? mcm^-it L P C i?,fC'ir i > !C L P C g-fiK-lrff 
i/\ -?:Wi±5;'3<irx-i' v^^/UWttl;^^^ l 5 7 > LXti!,tl 

10 0 0 7] [21 6 li, ?^*</5C E L P S)-^7^r?-^ft:^!S 
CDHsBgT'ny^'dT-fe^, LPC:5Mlfgl5 1 1 2(i. * 
-f. -r -I" v^^^.'UcoA:^-^^ 1 1 1 

P C^,fc^r#tti L, ^(D L P Cim^ft^^ft: LT L P C 

rf-§-'r#T:/<7 p< -^n^im 1 2 3 -tf,}^; l, l p c 

■t^tt tic, W.®S^^^MtL P C-g-fig7-c;i/^w-f > 

y</u^it^^^j^!i)x. mMA^HiiLPcmm-^fii^A 

114, ll^.!l!?fi^f^-ltLPC^6ggi5Al 1 6, flilSIl^ 

f^tt L p cmnn-^^u b 1 1 9 , n^isa^M-it l p c a- 

[0 008] mM&^i-'f'if^ 1 1 3 ti, A;'3$ixfc^7^ 

fi-tt L P CigJli-g-figgP A 1 1 4tSXTfim^ 1 1 8 -tb 

[0 009] mmM^Hif L p ciim-^BmA 1 1 4 

Bf It ibiX7ti£)gfWt-§-% L P C:»tfgl5 1 1 

2 J; 19 ibi-tfc'l' v^*/U7Lc£;^3rCF>icicl^oilg!Sil^ 
HiLPC-^f^^7^/vyX'^R^L. ^<Diht)\t^i:nJM. 

TtfciKaiA 1 1 7 '^tB;^t-5, 
[0 0 10] ^gc£:^?F■§■||'fi 1 1 5 It, iii)^:?^^^!^*??^ 1 
2 4 (c J; <p ^\Md^i^nmm^W±^Wi LT i? , 
i§*cD!IEib^MtSS{±, CfiStt-^f-J-st L P C-g-^gp A 1 

1 6 , hbisSPA 117, m.^A^%^W^^% 1 2 4 ic J; 

[0011] flgiiSS^Jf fi-tt L P c-a-fiXSP A 1 1 6 ii, ii 
^c::^?F•§■l|'S 1 1 5 A^ibigcS:!- K'<i!' h/U'iriS-^tBL, lit 
'^^^ttl L fcigrcs = - K'^ h /HC*t L s L P C ^J-rrSB 1 1 

2 J; <9 ■flfc'f > r£;^5r«i!ac(ct#oiK!gjtt^M-cj- L 
PC-g-Bjc7-f yU^Tg-liKL, -ttor^jli'irltiKSiiA I 1 7 

[0 0 12] iXMLUiK 1 L 7(-J:, m'CA^%W< \ I 



f--J-;tL PCj^Plflg-BjclSiA 1 1 4-C**fci'-y y Kf-^" 

ffi7:Af^ntL P C &-I5KS|',A 1 1 6;i^ib'SliTc, iitc;=!- K 
'< h.'Uicil«'!2^a^f^J-it L P C g-fifctffi Lfcfi§-c/:>'<'7 
^LT, ±ta^'1fSro2 3ftlfi'rZcO^^'7T't'^||^-•i" 

\ 2 3---ai;':-'f-^. -w-i!L'o*!ia!'rigtc;r^§-iKo 

[0013] WB% 1 1 8 (i. Iff.® m^f^ita 1 1 3 T- 

Sn/ca- K'-<^' K'l^a'ISa^Il^f^-ltL PC-g-BJtLfctU 
-)m%\:.f-{ >'t^\iX%hKTz\t^'£\m L , ^toi^ 

ft^t LTir-llga^M-itL PCiSd^B^SBB 1 1 

[0 0 14] lpg!Sil;9^f^J-ltLPCiSlli#fi!cSl5D 1 1 9 

(±, i^^gr. 1 1 8(c43^^■c4)5K$i^fcJill-?^■3^^•§•*Sco^ 

Lx. mm6^m-^m<n^mmm-y—^-y him-<Dmrii 

^■tfi^iiiti^mx. it^m 1 2 2-tB;^i-rs= 

[0 0 15] mm&'jw^mi 2 oft, isicon- k-^^? 

S^f^itL P C^BggBB 12 1, JtlgJSBB 1 2 2 , jicS 
r^^ffijErrSli 1 2 4{cj; 19 , h'^<^ L 

[0016] fl^viSa^f^-lt L P C-g-BggiSB 1 2 1 (±, Fit 
mm^-^mi 2 0;6^f,K;fAffiUfc:5fi^6^='- K-^i^ h/l' 
icSffL, LPC^rr^l 1 2;5^e)-ftfc'f >'^^/i'^c£:^5r 
^ia(C|^olE?!Stt;£^.fi-(t L P C-g-fiic7 ^' /l'^ T'-g-liic L , 
^cO-^fiXft-§-'iritlJ^B 1 2 2-tB;'7-t-5o 

[0 0 1 7] ttigsaSB 1 2 2(i, (fcl) (C^-fi^ 
!c, -£-f , m-*fi<]??F-§-*S 1 2 0 J; 19 iH^ljS^tti Lfc i # 
iC0Ii1|i|l6^::i- K'<:? h/WV(i,n)>, flSSStt^^W-tt L P 
Cmm-^f^UB 1 1 9T'**fc^-^y Ht-f-COB^Pp^iat 

-a-Bgtii;'ji (n) >co[^aco2^(it^**, (Jclc, lEiSffl:^ 

Wit L P C-g-.B£lifl5B 1 2 1 J: i9g:Jtf--^B^(t-^S(i,n)cO 
/<7'rf+^ L, ^ LT±i2F^^W 2^(i^ZO^<!7-C-fi| 

#-r 5 :i > ic J: o xmmm^%^M^<Dmmw.su\ vo -> 

^i^a- K-^;!' h.'KCiflC^i&iiS-y'f' > *#ffi UT, 
7^ — ^^rsr-^-ftffP 1 2 3-^|±S;'7i-^, Z(7)-M<0'mf/i: 

[0018] 
( t I ] 



(1) 



IzrV ( i. n) • r ( n 
'n-0 



s t d ( i ) = 



Z S2 ( [ 

n=0 



■N.^! h JKZ!fi!i??#^ ( 0 < = n < N ) 



" s t d ( ; ) 

i 

N 

1 V ( i, n) 
S i n) 
r ( n) 

[0 0 19] ^<y?i—$'J^^imi 2 3(:±. J.tl|5 
^Al 1 7 A^^'i^hiltzMt^:^- \'''<^ h 'UCSsU^ift 
> >, JtigfgRB 1 2 2 X-'^^^htcmm'0='- h''< 

y. mmn^m(o4yv'^^, mm&m^m(D-(y7'^/ 
[0 0 20] m!tn^mw.^u 1 2 4 (±, y<y > 

m^it^^ y^£m\:xmm=^mmm6^n^mf^^^r^. 

[00 2 1] CELPt:>fflV^5±t^|!ili^6^]^?f-§-l|'IiLT 
(±, ?ll^??^«^f-ticAt??-i-« ('8KBIT/S ACELP CODIN 
C OF SPEECH WITH 10 MS SPEECH-FltUlE : A CANDIDATE 
FORCCITT STANDARDIZATION' : R. Salami, C. Laflamme, J 
-P.Adoul, ICASSP' H p|). II-97~n-100, I994(CfBi®$ 

[0 0 2 2] mm^-^^&\ \-t^\,^mmt.n^^x\ 
^m^h^iLfzy y y 2^ m\ ^^^Lt^^^nxh^, 

3- ¥zfy':7(r)»!'mi)^7yyi-ts.(ox\ %<ois,\,^-^ni^ 



[0 0 2 3] r ftia:ii^f?r- f-iH I o m CO 3 - K'< 2^ h 

iMWAi. +l7i^-l) (D4^(D.'VU:^ 
Xh^i^^^h. ^h^h(.o.'<.'V7-.co{tmt^ yf^^^com 

^K.i' < ''i o T L 4 5 = LT Ria:et)f^-§-i|>IcDjt->:o 

11) $ 1 co.'^/b;^/Ji 4 * L;^i^#Tt LT v ^^'^ l ^co 

T\ (fcl) r(n)^ic0 4f->7"/l'ro(tt*rM:g 

L mW- 3 0) , ^ro;()ng5'g^i:^23r5 (JS^- : 10) 

•t'6zbX'%\-m-X%'6z.bb. m t>oT5|tJ6T*3v^fcill 
®fl-^f^;t L p c-^bly ^ ;u^^co-r >v^/uxtc:;^o g s 
tir^rr^il-r R AM{cf&^^<^ LTfc- < > . (ic 1 ) 
'ir. 5lHlc0.ijp;|S (4®/u— ^'cottK-^i B'tf 

'S<'te«= ) Ki.^X%\Wr-6Zti)^X'^^Zb\zii^ 

[0 0 2 4] 

7 v^i.^£t4g'rif o^^iST-inisa^f^-it LP c-a- 

(icl) co:5>^^^b■J;^>•^^ot■K^ft;i5#< '^^^coT- 
r^^'l>Sgg^Ot+Wfl:?55#<'tCoTL*v\ Sit. ^3- 

[00 2 5] f-t^fi-jr^-^-tl^ffl V ^5 t . (IS: 1 ) 

-f 5i;l>:<ll;i-^'^^i'^cO"C-ROM§ft;45'J^$ < 'fe^^^ d'^^* 

[0 0 2 6] ^i|iIgg^(Dfc*cDf|-^l:;4S'> 

[0027] 



(5) 



l-.fP^^ 10-63300 



iAtf c tic J: 19 flH)5]c$n5 i 5 icms^Lfch'^oX'h^.. 

[00 28] zKicx ^ . -g-^t mi^Mpm n^fi 
[0 0 2 9] -£fc. *igfH(^^^??-§-^tysaii> fyy 

[00301 ^ntcj; 15 , '>/i:v^^-</i';^*S:lcJ; 15 fficjc 

[00 3 1] 

get, Hflt5«fSi'rS}cmBXLfc»<i!' h/i^tSflE 

[0 0 3 21 /^•|g0^O^i?5Rrfi2|Cl5im<O-%B>^l4> i©*<^ 
5Src:;='-K'~<.^' h/w2r;i3i:^mL, Fif]McS='-K'<i5' h 

K/i/^r,1i!;^l:bL. ii!il?Etelli^iffi'<^ ^/^iCil^^^cl^;2;lft 



Hibi^M^linXSR t , fifiKSElBljS^iS'ir L P C g-fiKi-^Wifig 
'>t#o L P C g-e^glS > -r (f ;t7i " t <iW\t 1 1"^ siJiR'rM 

i'' r£<,^ R O Mgft/'Ji /J- * < ?S 19 . 

^:*:m/t''>'^£< , fhW-il/t''>''=C< 'fe^ tv^5 (^ffl'>^r-r 

[0 0 3 3] ^%H^iOlt*JS3iCfeiicOllp!li, i^ilffi 

7t J^ratHm-r - > *#j|c t r-5 li*^ 1 "£ 

fc!± 2 ie®o-S^^lI-^ft;»BT-ft 19 , ^iStf^O'vux 

[0 0 3 4] ;*%flcosl*Jl4(cfSticD^0^(-i, yv^?' 

Zsfci^iK ii^^;cJ;i9jRS:)'bHfc^?lJ, 3501,(^^19**6 
^^fc^?|J«v^•'m7i^-0'lr^&i^rti-^telft'-<^ h/^t&lrtg|5 

r.-s s^jA > %(§ ;t 7t w t t -r $ ^T^i^^ft 

[0 0 3 5] *5lf5^Of»*Jl5ic:I2«CD||0^(4, ^Stn 
/W'r aB;'7i-5 mng-rflf-lti^ o - t 1 4 

K.'Uf&nWi^cotefii'^:^' h/1/.tSrffi-^jZitfr tici 19 
[0 0 3 6] *-5el!f)cOs,5;Ri:r[6;ci?e«W%i:!fll-i« mMtf 



(6) 



if^fR3-'F'l()-633()() 



[0 0 3 7] tAT, *%0^co:^i£coff^ffiico^^T, [HI 

lb El 4 I, ^x%m-r^-. 

[0038] 01 {±*|g0^(c -i^^^lI^-ftSfflroi-^ 
5„ M»ffif&lrt^i(l, (f'l;t(miS:&^f^^«il5)i:3 

[0039] 112 (4, mi cOt?^iI§-fkS^Hra±SSC'> 

ti^fkistt^n^-r, i^jitf 1 n-f-ticwr^F-^ii'ii 
#L, L p cn^m^it LxmtL p cm^^m 

5= Htc. teS!ci^^,'ryri?;^Srg^ji^^a5 3'^ai;^ 
fS^^l:LPCm'tr:LPCa-fi!cgi3 8'^ai;'j1-5, 

[0 0 4 0] tt^^iA-^sn 3 14, ^r, \SL.m^m4yf'!7 

7(4, iii£;:r^#itiIcO'f >7'^7y!.^cSo^^7tii^c:;3 



ic^tL, '<y ^-v5'(?-§-(kg|!47i^b#?;II-§-ft:L p ct^ 
•;gC'rrf o L P C ^^-7 ^ T-g-R]c L , ^ti"^^ 9 '>'f^ 

[0 0 4 1] ri:4b\ /K^;SScof^fg(c^3^^-ctelft-<:5' h'L- 
/H4i^imtt^tS^rtSl5 loWlffittelBc-^^ h/H&ii'rtSI5 

[00 4 2] *5i;isEcDjf^ri-c-(4, i^iistf ffi^^^^rt^?I5 

< (4*cofilicOf^#i|igS#5r^f&#rtLfc«&-^(;ioVNT ilBlt:^ 

h /mmu 2 ic 7 > / yr^&ii'rt L tzmx-m.m l 7t 

[0 0 4 3] ^ifo. -^mm<^wm'<^i^i-f=b'&pm^it& 

(D^pm^itmmcis\^ 'X hmm^^mx'h 
[004 4] mmoim 2 ) ^^^(omi&nwM'i:. 

1213 i:(2l4'rfflv^-CnafM-f ?)= 

[004 5] gl 3 (4*%0^(c ^ftiSffitoSSI 
gi5C07'D -yi^ll'ir^l-c El 3 (CjSV^T, \ l\im.'<^ 

V'^^U. 1 2(4f -f v'^^l'^^-'U^, 13(41:^ji 
TfM. 1 4l4^fltt'Sf&n1^SeT'fc5, h/l'l&flrt 
g|51 1(4, l?ilx(47>yi=>^?iJ^WteBS:ttffi'^f&JrtL, 

/i^y^/i'^i 2(4, 7v:^ft-§-'ir7^/i^^ y Vi^L-cm;': 
■titk tic, 7-i'.'U^g#.c;o#tt^i^s:)5 7^/u^'t?f 
ffi'rtti;'3i--5t.cO-C, B]3^c^iV^-C(47^/^^t*ffit L 
T-r > ^<J\^:^ ii:-^h\.< (4i5F,i5:co i±J;^! ^i^-tff^ 
t&rirtgfil 4(4, (f>lx(4'f^;Sm-^«>lHH:='-K-<i^ N 

h/U^: LT(±l;'7-r5o Si^'-^hHrn 3(4, E13 
( a ) Ti4, h.'U t >VN/u;:^ c^g: t L < (4#. 

(4ilf^ife^ra-',y7L, E13 (b) -0(4, El 3 (a) cOtifig 
ic:»n;t-C, h/uirtelJSl'^^ V>\y^i:Kf}\^X&^ 

[■004 6] El 4 (4, El 3 co■g•5^f^?F-§•^^:^^lW£SS^i^r 

r^-^fbi?[ia'r^i'=i:o ,w*f'iaR^*rtiJi5 1 4 (4ftmri^j??F-f5-ii'M 



(7) 



~^X'h-6, L P C 'jWr'^ 1 6 K1:trP 1 5 Icjb" 

S5:^ft^-ft: LT L p cf^-^5r#-c^^7 ^ -i'-r^^fbSR 1 

7 '--tti;^ L > L P C rf -§-'r ll-^-fb L T (I^ft L P C eSic 

1 8 ^^1i-r^ b t tic, iK!SS:^ff^it L P c 
L P ci^li-g-.fiitgp A 1 9 i6i:xmM^M'\'4 l P c 

SUA 2 0 '^ii5;':-rSo mm&^^'Wy l p ci^ni-g-BK^ffi a 

1 9 >T;gii?ia^f^(tL P C g-BjcSBA 2 Olli^m -f 
[004 7] ilS^a^M-it^ 1 8 (i, A;^J#7^x-^tc 
m\ -?:coi±5;^;^S:d^6iIg!iSa;^fi-ttLPC^fig7^/u 

;c#pst-5^-yV hft-f-Sr**, fli!Sffl':Zf^i-itLPC 
j^li-^fi^gRAl 9*3j;m'^#aJl 8 '^|±l;^/i-5c IS^fi 
;2^^f'titLPCii6Jli-g-figgi5Al 911, liiiSII^f^itgB 1 8 

m.it\Wi: L P C5^«fgi5 1 6 i "9 ^X. Wc^ V^iVT^ 

^s'^^i:>mz.^r>mm-&M-^^ L p c-a-Bjc7 ^ /u^-c-g- 

-§-cOPfr«1iS-a-l5)ct±l;^'r'f*TM:!|5SBA 2 1 '^thi;^)1-5, 
[0048] miM-^^t 2 2 mtA^^3L^^\^ 2 3 

O^K^iitS^H. mmm-m L P C ^RggP A 2 0 , 
it^ESBA 2 1 , a^S^-f-ifegHrrgp 2 3 tc J; «3 , gcSri- 
K-^jJ' h/i'>LT#.qB$4x5o HiiSa^fi-ttLPC-g-fiK 
gi5A2 0(i, *-r, jgE£:??F^iH2 2 75^C,at£;3-K-<i5' 

L P C5^.tffg|5 1 6 J; 19 'mzA >v</uy!.[c:§%^,iSc;v: 

If oe^a^f^it L p c-g-fig7 ^ /Ui? T-a-fiK u, 

*^H:S^A2 i-^tfi;^j-r'5o HiiSa^f^ttL P 

[0049] ttlgaSA 2 1 ti, iiic£;?f-§-iK2 275^ 

LPCiSfflfg-BicgBAl 9t?*»fc:J'-'>'V KS^CDB#Rg 

fl-ltL PC-g-B^g|5A2 0;l^ibSlt^;i@C63- Y^^ 
|CflSiSa?>f-ri+ L P C g-Bjc^irJSS L tz\t%(r>A 7 SrJRA. 
±f5l^«W 2 ^(iSr ^ <0/-5 7 -C'Smi- ^ 1 > (C J: o -Cii 

S:1j^#< 'j:^ it lci)S:9-(±l Locate; =i-K'<^' h'HO 

-f > 'ir^;.H L , 2 4 4=i J:iJ<-'^y i 
7--,'+',-/7-')-o.. 



[00 5 0] i)ri^?fR 2 4 fl^i^a'/^-Wttgr. 1 8 Xi^h 

Kfz'/-fy mzA^%mm^\-:.ii\-^x\m 

$ Mzmt- =< - h''<^ h 'U'lrfliSrSa ^Wlt L P C i^^J)c 
telft#iK'<;' h 'UOj?g^cOr!^iC#nSi-^.jr_/r.y f- 

fi^> LTit^T-isa^f^^tL p cigHs-g-fijcgnB 2 5 -av>7 

[0 0 5 1] \JlM^^ h/Uf&al'iSB 1 1 It, 7>yA-Ic?IJ 
^^&ifrtLTV^^= :i:^jA^g(il 3 (±, IpSiSS^f^lt L P 
.C-a-/5jcgi5A 2 0/1^eS::tfclll!Sffi^fi-ltL P C-g-fi]c7 ^- 

W^^rtm-^ >v<;u;^rf.;§ > LT, HgiSa^f^-it L P C 
igWH-a-BjcgP B 2 5 i:l|f.!SB?^f^it L P C-g-fiSigRB 2 6- 

tatii-^, m^M^i'fnLP cmm-^is^^B 2 5 insijs 

a-^fi-itL PC-g-B)cSl5B 2 etiV^THtx-f v=i5^;U7^- 
[00 5 2] ll^,!Sa-^Wit L P C i^Hlf ^fiKSn B 2 5 (1 , 

mn^>2 4x±!i'ziixfztt:m^m^^ vjmm^<^^- 

UTitilSSBB 2 7 •-.ill;'3-t-5, 
[00 5 3] #im»«f&jrtg|5 1 411, ftfci5^]?T^i|S>|5l 

a^fi-St L P C-^bKSB B 2 6 , Jtigsa? B 2 7 , WViL^ 
^1 3;cj;^), h/w>LT#Ra$tt5, ng/ga 

;9^{^it L P C-g-figgRB 2 6 }±, i^fgffl 14^9 

fc«f-r >-'<yi';^c£;S:^t?-iclc1f oHi^a^f^-tt L P c-^ 

[0 0 54] itm^B 2 7 i±, 4-f , ^Mtfmt&l« 1 

4 i 19 m.'^m^iii Ltz^m'<^ f- /u > , if^a^f^ft l 

PCi*)li-&)5jtg|iB 2 5-C-**fc^-^V hft^cOB#r«1i£ 

^BKai;'7iroF^:«co2i^(i%**6, m^. mmM^i^ 
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( 74 ) Patent attorney 

Tomoyuki Takimoto (et al) 
(54) [Title of invention] Speech decoder 

and speech code r 
(57) [Abstract] 

[Object] It is the object to provide 

good quality synthetic sounds in a speech 
decoder and a speech coder, having minimal 
calculations and a small ROM capacity, 
which are used to efficiently decode and 
code speech information.. 

[Overcoming Means] In a speech decoder, 
generated information of excitation 

vectors, which are constituted by a limited 
15 number of pulses, is stored in an 

excitation information storing section 1, 
either matrix of random matrices, matrices 
obtained by learning and matrices obtained 
by knowledge are stored in a diffused 
20 vector storing section 2, and at the same 

time, excitation information in the 
excitation information storing section 1 
and diffusion vectors in the diffusion 
vector storing section 2 are convoluted by 
25 a convolution section 3, whereby diffusion 

excitation vectors are generated. The 
speech coder is constituted so that 



diffusion vectors and impulse responses 
from a digital filter are convoluted by the 
convolution section, whereby new impulse 
responses are generated. 
[SCOPE OF CLAIMS FOR PATENT] 

[Claim 1] A speech decoder comprising 
an excitation information storing section for 
storing excitation information; a diffusion 
vector storing section for storing either 
matrix of random matrices, matrices obtained by 
learning, and matrices obtained by knowledge; 
and a convolution . section, for outputting 
diffusion excitation vectors, which convolutes 
excitation vectors generated on the basis of 
said excitation information and matrices stored 
in said diffusion vector storing section. 

[Claim 2] A speech decoder, as set 
forth in Claim 1, further comprising an 
adaptive code book for storing the previously 
stored excitation vectors; an excitation vector 
generator having a function to • generate 
excitation vector adaptive code book components 
by reading adaptive cede vectors from said 
adaptive code book and multiplying said 
adaptive code vectors by decoder gains of said 
adaptive code book, a function to generate 
excitation vector diffusion excitation vector 



components by reading diffusion excitation 
vectors from the convolution section and 
multiplying said diffusion excitation vectors 
by decoder gains of said diffusion excitation 
vectors, and a function which generates an 
excitation vector by adding said excitation 
vector adaptive code book components to said 
excitation vector diffusion excitation vector 
components and outputs it to said adaptive code 
book; and an LPC synthesizing section having a 
function in which L PC - s y n t h e s i z e s said 

excitation vector. 

(Claim 3] A speech decoder as set forth 
in Claim 1 or 2, wherein information to 
generate the same code vectors as an algebraic 
code book is stored in an excitation storage 
section. 

[Claim 4] A speech coder comprising a 
diffusion vector storage section for storing 
either of random matrices, matrices obtained by 
learning or matrices obtained by knowledge; a 
digital filter; and a convolution . section 
having functions which convolute the matrices 
stored in said diffusion vector storage section 
to impulse responses or coefficients of said 
digital filter and output new impulse responses 
or new coefficients of said digital filter. 



[CiairciS] A speech coder as set forth 
in Claim 4, further comprising an excitation 
vector information storage section for storing 
excitation vectors, vvherem said convolution 
section convolutes excitation vectors produced 
on the basis of said excitation vectors and 
matrices stored in the diffusion vector storage 
section and also outputs diffusion excitation 
vectors . 

[Claim 6] A speech coder as set forth 
in Claim 5, wherein information to generate the 
same code vectors as an algebraic code book is 
stored in an excitation vector storage section. 

[DETAILED DESCRIPTION OF THE INVENTION] 

[0001] 

[Technical field of the invention] The 
present invention relates to an efficient 
compression decoding and coding of speech 
information in a speech decoder and a speech 
coder . 

[00 02] 

[Prior Art] In order to manage the 

increase in the number of subscribers in the 
field of movable communications such as digital 
portable telephones, etc., a speech compression 
coding system of a low bit rate is demanded. In 
Japan, speech coding systems such as VSELP and 



PSI-CELP are, respectively, employed and 
utilized as speech coding standardization 
system of digital portable telephones of full 
rate and half rate. Internationally, a coding 
system termed CS-ACELP is employed as an 
international standard speech coding system of 
8kbps and is recommended by ITU-T 

recommendation G.729 (1995). These speech 
coding systems are those for which the CELP 
system { is described in " C o de - E x c i t e d Linear 
Prediction (CELP) : High Quality Speech At Very 
Low Rates" Manfred R. Schroeder. Bishnu S. 
Atal, Proc. ICASSP'85, pp. 9 37 - 94 0) has been 
imp roved . 

[00 03] 

Herein, a description is given of the 
basic algorithm of the CELP system. The CELP 
system is a system in which speech information 
is divided into excitation information and 
vocal track information and is coded. The 
system is featured in that such a system (A-b- 
S: Analysis by Synthesis) is employed, whereby 
the excitation information is coded by indices 
of a plurality of code vectors stored in a code 
book, and the vocal track information is coded 
by LPC (Linear Prediction Coefficients), 
wherein a comparison with input speech is 
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carried out by taking the vocal track 
information into consideration when coding the 
excit.ation information. Further, in the CELP,' 
generally, the input speech is divided in terms 
5 of a certain time period (a so-called "frame") 
and analyzed with respect to the LCP frame by 
frame, wherein the frame is divided into 
further smaller divisions (so-called a "sub 
frame"), and excitation vectors are searched 
U) with respect to an adaptive code book and a 
probability code book. 
[00 04] 

■ FIG. 5 is a functional block diagram of a 
prior art CELP type speech decoder. A parameter 
15 decoder 152 obtains, through a transmitter 151, 
speech codes (LPC codes, probability code book 
indices, probability code book coding gains, 
adaptive code book indices, and adaptive code 
book coding gains) transmitted from a prior art 
20 CELP type speech decoder (FIG. 5, which is 
described later). Next, it obtains a decoded 
LPC coefficient by decoding the LPC codes, 
obtains a decoding gain of the probability code 
book by decoding the coding gains of the 
25 probability code book, and obtains a, decoding 
gain of the adaptive code book by decoding the 
coding gain of the adaptive code book. Further, 



the parameter decoder 15 2 outputs probability 
code book indices, probability code book 
decoding gains, adaptive code book indices, and 
adaptive code book decoding gains to the 
5 excitation vector generator 155, and outputs 
the decoded LPC coefficients to the LPC 
synthesizer 156. 
[ 0005 ] 

The excitation vector generator 155 reads 
10 adaptive code vectors based on the adaptive 
code book indices from the adaptive code book. 
153, and obtains excitation vector adaptive 
code book components by multiplying the 
obtained adaptive code vectors by the decoding 
15 gains of the adaptive code book. Next, the 
generator 155 reads probability code vectors 
based on the probability code book indices from 
the probability code book 154 and obtains 
excitation vector probability code book 
20 components by multiplying the obtained 
probability code vectors by the decoding gains 
of the probability code book. Further, the 
generator 155 adds the excitation vector 
adaptive code book components to the excitation 
25 vector probability code book components to 
obtain excitation vectors, and outputs the 
obtained excitation vectors to the LPC 



synthesizer 156 and the adaptive code book 153. 
Herein, previously stored code vectors in the 
adaptive code book 153 are renewed by the 
abo vement ioned excitation vectors inputted from 
5 the excitation vector generator 155. 
[0006] 

The LPC synthesizer 156 carries out LPC 
. synthesis on the excitation vectors obtained by 
the excitation vector generator 155 on the 
10 basis of decoding LPC coefficients obtained by 
the parameter decoder 152,- and the output 
thereof is transmitted to an output portion as 
digital ou.tput speech 157. 
[0007] 

15 FIG. 6 is a functional block diagram of a 

prior art CELP type speech coder. The LPC 
analyzing section 112 calculates an LPC 
coefficient by performing a self correlation 
analysis and a linear prediction analysis with 
20 respect to frames existing in a digital input 
speech 111, and outputs LPC codes to a 
parameter coder 123 after it obtains the LPC 
codes by quantizing the LPC coefficients. And, 
the LPC analyzing section 112 obtains a 
25 decoding LPC coefficient by decoding the LPC 
codes and next obtains impulse responses of a 
perceptual weighing filter having features such 



as pitch weighting and high frequency weighting 
and outputs these to a perceptual weighting 
section 113. At the same time, the LPC 
analyzing section 112 further obtains impulse 
responses of the perceptual weighting LPC 
synthesis filter, and outputs these to a 
perceptual weighted LPC reverse synthesis 
filter A114, a perceptual weighted LPC 
synthesis section A116, a perceptual weighting 
LPC reverse synthesizer B119, and a perceptual 
weighting LPC synthesizer B12.1. 
[0008] 

A perceptual weighting section 113 filters 
inputted speech data subframe by subframe for 
weighting and subtracts a zero input response 
of the perceptual weighting LPC synthesis 
filter from the result of the output, whereby 
the perceptual weighting section 113 obtains 
target signals to be referred to when searching 
excitation vectors of an adaptive code book and 
outputs the target signals to the perceptual 
weighted LPC reverse synthesis filter A114 and 
subtracted 118 . 
[ 00 0 9 ] 

The perceptual weighted LPC reverse 
synthesis filter A114 reverses the target 
signals obtained by the perceptual weighting 
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section 113 in terms of time, synthesizes the 
obtained t i me - r e ve r s e d signals by the 

perceptual weighting LPC synthesis filter 
having impulse responses given by the LPC 
5 analyzing section 112 as coefficients, reverses 
the output signals again in terms of time, and 
outputs them to a comparator A117 as the time- 
reverse synthesized outputs of the target 
signals . 
U) [0010] 

The adaptive code book 115 stores the 
previously stored excitation vectors received 
by the adaptive code book 115, and the 
previously stored excitation vector information 
15 is referred to as adaptive code vectors by the 
perceptual weighting LPC synthesizer A116, 
comparator A117, and adaptive code book 
renewing section 124. 
[0011] 

20 The perceptual weighting LPC synthesizer 

A115 reads adaptive code vectors from the 
adaptive code book 115, synthesizes the read 
adaptive code vectors by a perceptual weighting 
LPC synthesis filter having impulse responses 
25 obtained by the LPC analyzing section 112 as 
coefficients, and outputs the results by a 
comparator A117. 



[0012] 

First, the comparator A117 acquires the 
square value of the inner product of the 
adaptive code vector directly read from the 
adaptive code book 115 and the time-reverse 
synthesis output of the target signals obtained 
by the perceptual weighting LPC reverse 
synthesizer A114, and next acquires power of 
signals received from the perceptual weighting 
LPC synthesizer A116, in which a perceptual 
weighting LPC synthesis is applied to the 
adaptive code vectors, wherein the reference 
value of the adaptive code book retrieval is 
obtained by dividing the square value of the 
inner product by the power, indices of the 
adaptive code vectors read when the reference 
value is maximized, and the optimal gain to be 
multiplied by the code vectors are calculated, 
and these are outputted to the subtracter 118 
and parameter coder 123. This series of 
processes is called an adaptive code book 
retrieval . 
[0013] 

The subtracter 118 subtracts a signal, 
which is obtained by multiplying an output 
signal, in which a code vector retrieved by an 
adaptive code book retrieval is synthesized in 



terms of perceptual weighting LPC, by a gain 
from the target signal obtained by a perceptual 
weighting section 113, and the results of the 
subtraction are outputted to a perceptual 
5 weighting LPC reverse synthesis section B119 as 
the target signal referred to when retrieving 
the probability code book. 
[0014] 

The perceptual weighting LPC reverse 
10 synthesis section B119 reverses, in terms of 
time, the target signal for excitation 
retrieval of the probability code book 
generated in the subtracter 118, synthesizes it 
in terms of the perceptual weighting LPC, 
15 reverses the output signal again in terms of 
time, and obtains the time reverse synthesized 
output of the target signal for excitation 
retrieval of the probability code book. Then, 
the synthesis section B119 outputs the output 
20 thereof to the comparator 5122. 
[0015] 

The probability code book 120 stores a 
plurality of code vectors, and these code 
vectors are referred to as probability code 
25 vectors by the perceptual weighting LPC 
synthesis section B121, comparator B122, and 
adaptive code book renewing section 124. 
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[0016] 

The perceptual weighting LPC synthesis 
section B121 synthesizes the probability code 
vectors read from the probability code book 120 
5 by a perceptual weighting LPC synthesizing 
filter having impulse responses obtained from 
the LPC analyzing section 112 as coefficients, 
and outputs the synthesized signal to the 
comparator B122. 
10 [0017] 

As shown in Expression (1), the 
comparator B122 first obtains a square value of 
the inner product of the ith probability code 
vector V(i,n) directly read from the 

15 probability code book 120 and a time reverse 
synthesized output r(n) of the target signal 
obtained by the perceptual weighting LPC 
reverse synthesis section B119, and, next, 
calculates the power of the synthesized signal 
S(i,n) received by the perceptual weighting LPC 
synthesis section B121. By dividing the square 
value of the inner product by the power, the 
standard value std { i of the probability code 
book is obtained, wherein an index to express 
the number of probability code vectors read 
when the standard value is maximized, the 
optimal gain to be multiplied by the 



20 



25 



probability code vectors are calculated, and 
the results are outputted to a parameter coder 
123. These series of processes are called a- 
"probability code book". 
[0018] 



[Expression (1)] ^ ^ 



U) 

where std(i): standard value for probability- 
code book retrieval, i: index of the code 
vector, N: length of a subframe, n: component 
number {0<=n(N)) of a vector, V(i,n): ith 

15 probability code vector, S ( i , n ) : v e c t o r in which 
the V{i,n) is synthesized in terms of 
perceptual weighting LPC, and r(n): time 
reverse synthesized output vector of the target 
signal for probability code book retrieval. 

20 [00 19] 

First, the parameter coder 123 codes the 
optimal gain to be multiplied by an adaptive 
code vector obtained from the comparator All/ 
and the optimal gain "o be multiplied by the 
25 probability code vector obtained by the 
comparator B122 in order to obtain the coded 
gain of the adaptive code book and that of the 
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probability code book. Next, the obtained coded 
gain of the adaptive code book and that of the 
probability code book are decoded, whereby the 
decoded gain of the adaptive code book and that 
of the probability code book are, respectively, 
obtained, and further the code gain of the 
adaptive code book, code gain of the 
probability code book, index of the adaptive 
code book, index of the probability code book 
and LPC code are outputted to the transmitter 
125. Then, the decoded gain of the adaptive 
code book, decoded gain of the probability code 
book, index of the adaptive code book, and 
index of the probability code book are 
outputted to the adaptive code book renewing 
section 124. 
[0020] 

The adaptive code book renewing section 
124 receives input from the parameter coder 
123, reads an adaptive code vector based on the 
index of the adaptive code book from the 
adaptive code book 115, obtains excitation 
vector adaptive code book components by 
multiplying the read adaptive code vector by 
the decoded gain of the adaptive code book, 
next reads a probability code vector based on 
the index of the probability code book from the 



probability code book 120, and obtains 
excitation vector probability code book 
components by multiplying the rear probability 
code vector by the decoded gain of the 
probability code book, wherein the excitation 
vector adaptive code book components are added 
to the excitation vector probability code book 
components in order to obtain excitation 
vectors, and the excitation vectors are 
outputted to the adaptive code book 115. 
Herein, the previously stored code vectors 
existing in the adaptive code book 115 are 
renewed by the ab o v em e n t i o n e d excitation 
vectors inputted by the adaptive code book 
renewing section 124. 
[0021] 

As the abovement ioned probability code 
book used for the CELP, there are a random code 
book arcd an algebraic code book (written in 
•■8KBIT/S ACELP CODING CF SPEECH WITH lOMS 
SPEECH-FRAME: A CANDIDATE FORCCITT 

STANDARDIZATION": R. Salami, C.Laflamme, J-P. 
Adoul, ICASSP' 94,pp. II-97-II- 1 00, 1 9 94), etc. 
A brief description is given of each of the 
above cases . 
[0022] 

"Random code book" is one of the most 



classical code books and stores random matrices 
prepared by the random numbers. Since the code 
book is random in character, it is possible to 
obtain high quality synthesized sound.. But, 

5 since all code vectors are stored in advance, a 
large ROM capacity is required. Further, since 
the code book retrieval accompanies perceptual 
weighting LPC synthesis with all code vectors, 
a great number of calculations are required. 

10 [ 0 02 3] 

The individual code vectors of the 
"algebraic code book" are featured in that it 
consists of fbur pulses, the size of which is 
Kamplitude is +1 or -1) and the position of 
15 the respective pulses is determined by 
calculations of the indices. Therefore, no ROM 
is required for a code book. But, since a small 
number of pulses are sufficient, the sound 
quality of the synthesized sound is worsened 
20 (especially, an unvoiced section). And, the 
greatest feature of the algebraic code book 
resides in that a code book retrieval is 
enabled with only a small number of 
calculations. This feature of the algebraic 
25 code book resides in that, since only four 
pulses, the size of which is 1, are provided in 
V(i,n), a numerator of the expression (1) can 



be calculated by adding the values of four 
samples in r(n) (addition: three times) and 
squaring the result of the addition 
(multiplication: one tiraei, and if a self- 
correlation matrix of impulses of the 
perceptual weighting L?C synthesis filter, 
which are obtained in advance, is stored in a 
RAM, the denominator in the expression (1) can 
be calculated by additions of 15 times at most 
(the amount of actual calculation can be 
further decreased if a quadruple loop character 
and symmetry of s e 1 f - c o r r e 1 a t i o n matrix are 
utilized) . 
[0024] 

[Problems to be solved by the invention] 

If the random code book is used, since a 
perceptual weighting LFC synthesis filter can 
be driven with excitation having random 
characters, the sound quality of the 

synthesized speech is improved. However, the 
amount of calculations of the numerator and 
denominator in the expression (1) is increased, 
whereby the amount of -he code book retrieval 
is also increased, and the capacity of a ROM in 
which all code vectors are stored in advance 
will be increased. 
[0025] 



On the other hand, if the algebraic code 
book is used, the amount of calculations of the 
numerator and denominator in the expression (1) 
can be reduced, and it is not necessary for the 
code vectors to be stored as they are, wherein 
the ROM capacity may be reduced. However, since 
the perceptual weighting LPC synthesis filter 
is driven nu a small number of pulses, the 
sound quality of the synthesized sound 

(especially an unvoiced section) is worsened. 

[002 6] 

It is therefore an object of the present 
invention to provide a speech decoder and 
speech coder, having advantageous features, in 
which the amount of calculations is reduced for 
a code book retrieval, the ROM capacity is 
reduced, and high quality synthesized sound can 
be provided. 
[0027] 

[Means for Solving the Problems] 

In order to solve the themes, a speech 
decoder according to the invention comprises 
an excitation information storing section for 
storing excitation information; a diffusion 
vector storing section for storing either 
matrix of random matrices, matrices obtained by 
learning, and matrices obtained by knowledge; 
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and a convolution section, for outputting 
diffusion excitation vectors, which con volutes 
excitation vectors generated on the basis of 
said excitation information and matrices stored- 
in said diffusion vector storing section, 
wherein excitation vector generation 

information constituted by only a small number 
of pulses is stored in an excitation 
information storage section, either of the 
matrices described above is stored in a 
diffusion vector storage se.ction, and at the 
same time, diffusion excitation vectors are 
constituted by convoiuting excitation 

information in the excitation information 
storage section and diffusion vectors in the 
diffusion vector storage vector. 
[0028] 

Thereby, it is possible to obtain a 
speech decoder having excellent synthesized 
speech quality (especially, the unvoiced 
section) and not requiring any random code 
book, for which only small ROM capacity is 
sufficient . 
[ 0029 ] 

Further, a speech coder according to the 
invention comprises an adaptive code book for 
storing the previously stored excitation 



vectors; an excitation vector generator having 
a function to generate excitation vector 
adaptive code book components by reading- 
adaptive code vectors frori:. said adaptive code 
book and multiplying said adaptive code vectors 
by decoder gains of said adaptive code book, a 
function to generate excitation vector 
diffusion excitation vector components by 
reading diffusion excitation vectors from the 
convolution section and multiplying said 
diffusion excitation vectors by decoder gains 
of said diffusion excitation vectors, and a 
function which generates an excitation vector 
by adding said excitation vector adaptive code 
book components to said excitation vector 
diffusion excitation vector components and 
outputs it to said adaptive code book; and an 
LPC synthesizing section having a function in 
which LPC-synthesizes said excitation vector, 
wherein a new pulse response to determine new 
filter characteristics and a new coefficient 
are prepared by convoluting an impulse response 
or coefficient in the digital filter and a 
diffusion vector in the diffusion vector 
storage section. 
[0030] 

Thereby, it is possible to obtain a 



speech coder which enables code book retrieval 
by only a small number of calculations as in 
the retrieval of excitation vectors, which is 
constituted by a small number of pulses. 
[0031] 

[Embodiments of the invention] 

The first aspect of the invention as set 
forth in Claim 1 of the invention is a speech 
decoder featured in comprising an excitation 
information storing section for storing 
excitation information; a . diffusion, vector 
storing section for storing either random 
matrices, matrices obtained by learning, and 
matrices obtained by knowledge; and a 
convolution section, for outputting diffusion 
excitation vectors, which convolutes excitation 
vectors generated on the basis of said 
excitation information and matrices stored in 
said diffusion vector storing section. These 
pertain to solving the themes related to 
transmission of speech information. The speech 
decoder need not have any probability code book 
such as a random code book and/or an algebraic 
code book, whereby the ROM capacity can be 
reduced, the number of pulses of speech 
information can be reduced, and the amount of 
calculations can be reduced. 



[ 0 0 3 2 ] 

The second aspect of the invention as set 
forth in Claim 2 is a speech decoder as set 
forth in Claim I, wherein the speech de.coder is 
featured in comprising an adaptive code book 
for storing the previously stored excitation 
vectors; an excitation vector generator having 
a function to generate excitation vector 
adaptive code book components by reading 
adaptive code vectors from said adaptive code 
book and multiplying said adaptive code vectors 
by decoder gains of said adaptive code book, a 
function to generate excitation vector 
diffusion excitation vector components by 
reading diffusion excitation vectors from the 
convolution section and multiplying said 
diffusion excitation vectors by decoder gains 
of said diffusion excitation vectors, and a 
function which generates an excitation vector 
by adding said excitation vector adaptive code 
book components to said excitation vector 

diffusion excitation vector components and 
outputs it to said adaptive code book; and an 
LPC synthesizing section having a function ir 
which LPC-synthesizes said excitation vector, 
wherein vocal track information of speech 
information can be synthesized in terms of LPC 



n 



a 



to generate good quality synthesized sound, 
probability code book such as a random code 
book and/or an algebraic code book, etc., is 
not required, the ROM capacity can be reduced, 
5 the number of pulses- of excitation information 

can be reduced, and the amount of calculations 

can also be further reduced. 

[ 00 3 3 ] 

The third aspect of the invention as set 
10 forth in Claim 3 is a speech decoder as set 
forth in Claim 1 or 2, which is featured in 
that information to generate the same code 
vectors as those of the algebraic code book is 
stored in the excitation information storage 
15 section, and has further actions in that the 
number of pulses of excitation information can 
be reduced and the amount of calculations can 
also be reduced. 
[0034] 

20 The fourth aspect of the invention as set 

forth in Claim 4 is a speech coder featured in 
comprising a diffusion vector storage section 
for storing either of random matrices, matrices 
obtained by learning or matrices obtained by 
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knowledge; a digital filter; and a convolution 
section having functions which convolute the 
matrices stored in said diffusion vector 
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Storage section to impulse responses or 
coefficients of said digital filter and output 
new impulse responses or new coefficients of 
said digital filter. That is, the speech coder 
5 relates to solving the themes pertaining to 
transmission of speech information, wherein new 
impulse responses to determine new filter 
characteristics and new coefficients are 
prepared by convoluting the impulse responses 
10 or coefficients in a digital filter and 
diffusion vectors in a diffusion vector storage 
section, and a digital filter is formed, which 
is necessary to code in compliance with 
decoding in the speech decoder. 
15 [ 00 3 5] 

The fifth aspect of the invention as set 
forth in Claim 5 is a speech coder featured in 
further comprising an excitation vector 
information storage section for storing 

20 excitation vectors, wherein said convolution 
section convolutes excitation vectors produced 
on the basis of said excitation vectors and 
matrices stored in the diffusion vector storage 
section and also outputs diffusion excitation 

25 vectors, wherein new impulse responses to 

determine new filter characteristics and new 
coefficients are prepared by convoluting the 



impulse responses or coefficients in a digital 
filter and diffusion vectors in a diffusion 
vector storage section, and a digital filter is 
formed, which is necessary to code in 

5 compliance with decoding in the speech decoder, 
and wherein it is not necessary to provide any 
probability code book such as a random code 
book, an algebraic code book, etc., the ROM 
capacity can be reduced, the number of pulses 

10 in speech information can also be reduced, and 
minimal c a 1 cu 1 a t i o n s ■ i s suffi-cient. 
[0036] 

The sixth aspect of the invention as set 
forth in Claim 6 is a speech coder as set forth 

15 in Claim 5, wherein information to generate the 
same code vectors as an algebraic code book is 
stored in an excitation vector storage section, 
and wherein the number of pulses in excitation 
information can be reduced, and only minimal 

20 calculations are sufficient. 
[ 0 0 37 ] 

Hereinafter, embodiments of the present 
invention are explained with reference to FIG. 
1 and FIG. 4. 

25 (First embodiment) One embodiment of the 
present invention is explained with reference 
to FIG. 1 and FIG. 2. 
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[ 00 3 8 ] 

YiG, 1 is a block diagram showing the 
major parts of a speech decoder according to 
the invention. In FIG. 1, an excitation 
5 information storage section is indicated by 1, 
a diffusion vector storage section by 2, and a 
convolution section by 3. The excitation 
information storage section 1 stores excitation 
information of generation information, etc., of 
10 the same code vectors as those in, for example, 
an algebraic code book, and outputs the 
excitation information as excitation vectors. 
The diffusion vector storage section 2 stores, 
for example, diffusion information such as 
15 random matrices, etc., and outputs the 
diffusion information as diffusion vectors. The 
convolution section 3 inputs and convolutes 
excitation vectors and diffusion vectors, and 
outputs as diffusion excitation vectors. 
20 [ 0 0 3 9 ] 

FIG. 2 shows a CELP type speech decoder 
in which the major parts of the speech decoder 
shown in FIG. 1 are used instead of a prior art 
probability code book. The speech information 
25 storage section 1 stores generation information 
of the same code vectors as those in the 
algebraic 'code book, and the diffusion vector 



storage section 2 stores random matrices as 
diffusion vectors. A parameter decoder 4 first 
acquires speech codes (LPC codes, diffusion 
speech index, coded gain of the diffusion 
excitation vectors, indices of the adaptive 
code book and coded gain of the adaptive code 
book) through a transmitter 5 and obtains a 
decoded LPC coefficient by decoding the LPC 
codes. Next, a decoded gain of the diffusion 
excitation vector is obtained by decoding the ■ 
coded gain of the di f f us ion . exci t at ion vector, 
and a decoded gain of the adaptive code book is 
obtained by decoding the coded gain of the 
adaptive code book. Further, the diffusion 
excitation index is outputted to the 
convolution section 3, and the index and 
decoded gain of the adaptive code book and the 
decoded gain of the diffusion excitation vector 
are outputted to an excitation vector generator 
7, wherein the decoded LPC coefficient is 
outputted to an LPC synthesizer 8. 
[0040] 

The convoluticn section 3 reads 

excitation vectors based on the diffusion 
excitation index from the excitation 

information storage section 1, next reads the 
diffusion vectors stored in the diffusion 



vector storage section 2, further generates 
diffusion excitation vectors by convoluting the 
read excitation vectors and diffusion vectors, 
and finally outputs to the excitation vector 
generator 7. The excitation vector generator 7 
first reads adaptive code vectors based on the 
index of the adaptive code book, acquires 
excitation vector adaptive code book components 
by multiplying the obtained adaptive code 
vector by a decoded gain of the adaptive code 
book, and further obtains . excitation vector 
diffusion excitation vector components by 
multiplying the diffusion excitation vector 
obtained from the convolution section 3 by the 
decoded gain of the diffusion excitation 
vector. Next, excitation vectors are acquired 
by adding the obtained excitation vector 
adaptive code book components and the 
excitation vector diffusion excitation vector 
components to each other, wherein the obtained 
excitation vectors are outputted to the LPC 
synthesizer 8 and adaptive code book 5. Herein, 
the previously stored code vectors existing in 
the adaptive code book 6 are renewed by the 
abovement ioned excitation vectors inputted from 
the excitation vector generator 7. The LPC 
synthesizer 8 synthesizes the excitation 



vectors inputted from the excitation vector 
generator 7 by an LPC synthesis filter having a 
decoded LPC coefficient acquired from the 
parameter decoder 4, and obtains output speech. 
[0041] 

Further, since, in the preferred 

embodiment, the diffusion' vector storage 
section 2 stores random matrices as diffusion 
vectors, the abo vemen t i oned excitation vector 
diffusion excitation vector components will 
have random characteristics.. The sound quality 
of the output speech (especially, unvoiced 
section) can be improved. Further, the 
diffusion excitation vectors can be generated 
by excitation information of the excitation 
information storage section 1 and diffusion 
vectors of the diffusion vector storage section 
2. Therefore, the ROM capacity can be 
decreased . 
[0042] 

Also, although, in the preferred 

embodiment, a description was given of an 
example in which genera-ion information of the 
same code vectors as in the algebraic code book 
is stored in the excitation information storage 
section 1, the preferred embodiment may be 
applicable to generation information of the 
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other code books or in a case where the other 
code book itself is stored. Also, in the 
preferred embodiment, a description was given 
of an example in which random matrices are 
stored in the diffusion vector storage section 
2. However, the embodiment may be applicable to 
cases where matrices obtained by other learning 
or matrices obtained by knowledge are used. 
[ 0 0 4 3 ] 

A CELP type speech decoder is used for 
the preferred embodiment. However, the 
invention may be applicable to VOCODER type, or 
other speech decoders. 
[0044] 

(Second embodiment) One embodiment of the 
present invention is explained with reference 
to FIG. 3 and FIG. 4. 
[0045] 

FIG. 3 is a block diagram of the major 
20 parts of a speech coder according to the 
invention. In FIG. 3, a diffusion vector 
storage section is indicated by 11, a digital 
filter is indicated by 12, a convolution 
section is indicated by 13, and a speech 
25 information storage section is indicated by 14. 
The diffusion vector storage section 11 stores 
diffusion information such as, for example. 
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random matrices, and outputs the diffusion 
information as diffusion outputs. The digital 
filter 12 filters and outputs input signals, 
and at the same time, outputs filter 
information which determines the 

characteristics of the filter itself. In FIG. 
3, output of impulse responses or coefficients 
is shown as filter information. The excitation 
information storage section 14 stores 

excitation information of generation 

information, etc., of the same code vectors as 
in, for example, an algebraic code book, and 
outputs the excitation information as 

excitation vectors. In FIG. 3(a), the 
convolution section 13 inputs and convolutes 
diffusion vectors and impulse responses or 
coefficients and outputs new impulse responses 
or new coefficients. In FIG. 3(b), in addition 
to the features shown in FIG. 3(a), the 
convolution section 13 inputs and convolutes 
excitation vectors and diffusion vectors, and 
outputs as diffusion excitation vectors. 
[004 6] 

FIG. 4 shows a CELP type speech coder in 
which the main parts of the speech coder shown 
in FIG. 3 are used instead of a prior art 
probability code book. The excitation 



information storage section 14 stores 

generation information of the same code vectors 
as in the algebraic code book, and the 
diffusion vector storage section 11 stores 
random matrices as diffusion vectors. Input 
speech is indicated by 15, which is digital 
input speech data. The LPC analyzing section 16 
calculates an LPC coefficient by carrying out a 
self-correlation analysis and a linear 
prediction analysis with respect to a certain 
frame in the input speech 5,. quantizes the LPC 
coefficient in order to obtain an LPC code, and 
outputs it to the parameter coder 17, whereby 
the LPC code is decoded to obtain a decoded LPC 
coefficient. Next, an impulse response of the 
perceptual weighting filter having such 
characteristics as pitch enhancement and high 
frequency enhancement, etc., is obtained and 
outputted to the perceptual weighting section 
18, and. at the same time an impulse response of 
the perceptual weighting LPC synthesis filter 
is obtained and is outputted to the perceptual 
weighting LPC reverse synthesis section A19 and 
perceptual weighting LPC synthesis section A2 0 . 
Either of the perceptual weightingLPC reverse 
synthesis section A19 or the perceptual 
weighting LPC synthesis section A20 contains a 



digital filter . 
[0047] 

The ^ perceptual weighting section 18' 
carries out a perceptual weighting filtering 
subframe by subframe with respect to the input 
speech data, and the perceptual weighting 
section 18 subtracts a zero input response of 
the perceptual weighting LPC synthesis filter 
from the results thereof in order to obtain the 
target signal to be referred to when retrieving 
an excitation of the adaptive code book, and 
outputs the target signal to the perceptual 
weighting LPC reverse synthesis section A19 and 
the subtracter 18. The perceptual weighting LPC 
reverse synthesis section A19 reverses the 
target signal inputted from the perceptual 
weighting section 18 in terms of time, and the 
reversed signal- is synthesized by a perceptual 
weighting LPC synthesis filter having an 
impulse response given from the LPC analyzing 
section 16 as a coefficient, wherein the 
outputted signal is reversed again in terms of 
time in order to obtain t ime - r e v e r s e d synthesis 
output of the target signal, and the output is 
given to the comparator A 21. 
[004 8] 

The adaptive code book 22 stores the 
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previously stored excitation vectors received 
from the adaptive code book renewing section 
23, and the previously stored excitation vector 
information is referred to as adaptive code 
vectors by the perceptual weighting LPC 
ynthesis section A20, comparator A2 1 , and 
daptive code book renewing section 23. The 
perceptual weighting LPC synthesis section A20 
first reads the adaptive code vectors from the 
10 adaptive code book 22, synthesizes the read 
adaptive code vectors by a perceptual weighting 
LPC synthesis filter having an impulse response 
obtained from the LPC analyzing section 15 as a 
coefficient, and outputs the results to the 
15 comparator A21. Next, the impulse response of 
the perceptual weighting LPC synthesis filter 
is outputted to the convolution section 13. 
[0049] 

First, the comparator A21 obtains the 
20 square value of the inner product of the 
adaptive code vectors directly read from the 
adaptive code book 22 and the t im e - r e v e r s e d 
synthesis output of the target signal obtained 
by the perceptual weighting LPC reverse 
25 synthesis section A19. Next, the comparator A2 1 
obtains power of a signal in which a perceptual 
weighting LPC synthesis is given to the 



adaptive code vectors received from the 
perceptual weighting LPC synthesis section A20, 
wherein by dividing the abovementioned square 
value of the inner product by this power, the 
standard value of an adaptive code vector 
retrieval is obtained. The index of the 
adaptive code vector read when the standard 
value is maximized, and the optimal gain to be 
multiplied by the adaptive code vectors are 
calculated, and outputted to the subtracter 24 
and parameter coder 7. 
[0050] 

The subtracter 24 synthesizes the 
adaptive code vector retrieved in the adaptive 
code book retrieval from the target signal 
obtained in the perceptual weighting section 18 
in terms of perceptual weighting LPC, and 
subtracts a signal which is obtained by 
multiplying the synthesized signal by the 
optimal gain of the adaptive code book obtained 
in the comparator A21. The subtracted result is 
outputted to the perceptual weighting LPC 
reverse synthesis section B25 as the target 
signal to be referred to when retrieving a 
diffusion excitation vector. 
[0051] 

The diffusion vector storage section 11 
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Stores random matrices. The convolution section 
13 performs a convolution operation of the 
impulse response of the perceptual weighting 
LPC synthesis filter, which is received frcm ■ 
the perceptual weighting LPC synthesis section 
A20, and the diffusion vector read from the 
diffusion vector storage section 11. The 
results of the convolution operation are 
outputted to the perceptual LPC reverse 
synthesis section B25 and the perceptual 
weighting LPC synthesis section B26 as a new 
impulse response. Either of the perceptual 
weighting LPC. reverse synthesis section B25 or 
the perceptual weighting LPC synthesis section 
B26 includes a d i g i t a 1 f i 1 1 e r . 
[0052] 

The perceptual weighting LPC reverse 
synthesis section B25 reverses, in terms of 
time, the target signal obtained when 
retrieving a diffusion excitation vector 
generated by the subtracter 24, and the 
reversed signal is synthesized by a perceptual 
weighting LPC synthesis filter having a new 
impulse response obtained from the convolution 
section 13 as a coefficient. The output signal 
is reversed again in terms of time, and 
outputted to the comparator section B27 as 
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time-reversed synthesis output of the target 
signal . 
[ 00 5 3 ] 

Since the excitation information storage 
section 14 stores generation information of the 
same code vectors as in the algebraic code 
book, code vectors consisting of a small number 
of pulses (herein, four pulses) can be 
generated. The generated code vectors are 
referred to as excitation vectors by the 
perceptual weighting LPC synthesis section B26, 
comparator B27 and convolution section 13. The 
perceptual weighting LPC synthesis section B26 
synthesizes the excitation vectors read from 
the excitation information storage section 14 
by the perceptual weighting LPC synthesis 
filter having a new impulse response read from 
the convolution section 13 as a coefficient. 
And, a s e 1 f - co r r e 1 a t i on matrix of the 
synthesized signal is obtained and outputted to 
the comparator B27. 
[ 0 0 54 ] 

First, the comparator B27 obtains the 
square value of the inner product of the 
excitation vector directly read from the 
excitation information storage section 14 and 
the time-reversed synthesis output of the 
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target signal obtained by the perceptual 
weighting LPC reverse synthesis section B25. 
Next, with reference to the s e 1 f - co r r e 1 a t i o n 
matrices reversed by the perceptual weighting 
5 LPC synthesis section B26, power of the signal, 
in which the excitation vector is provided with 
perceptual weighting LPC synthesis, is 
obtained. And, by dividing the square value of 
the inner product by the power, the standard 
10 value of the diffusion excitation vector 
retrieval is then obtained. A diffusion 
excitation vector expressing the number of the 
excitation vector read when the standard value 
is maximized, and the optimal gain to be 
15 multiplied by the diffusion excitation vector 
are calculated, and outputted to the parameter 
coder 1 7 . 
[ 0 0 55 ] 

First, the parameter coder 17 codes the 
20 optimal gain to be multiplied by the adaptive 
code vector obtained by the comparator A2 1 and 
the optimal gain to be multiplied by the 
diffusion excitation vector obtained by the 
comparator B27 in order to obtain a coded gain 
25 of the adaptive code book and a coded gain of 
the diffusion excitation vector. Next, the 
obtained coded gain of the adaptive code book 
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and coded gain of the diffusion excitation 
vector are decoded to obtain the decoded gain 
of the adaptive code book and that of the 
diffusion excitation vector. Further, the code 
gain of the adaptive code book, coded gain of 
the diffusion excitation vector, LPC code, 
index of the adaptive code book, and index of 
the diffusion excitation are outputted to the 
transmitter 28, whereby the decoded gain of the 
adaptive code book and index of the adaptive 
code book are outputted to . the adaptive code 
book renewing section 23, and the decoded gain 
of the diffusion excitation vector and the 
diffusion excitation index are outputted to the 
15 convolution section 13. 
[0056] 

First, the convolution section 13 reads 
an excitation vector based on the diffusion 
excitation index from the excitation 

information storage section 14, and next reads 
a diffusion vector stored in the diffusion 
vector storage section 11. Next, the read 
excitation vector and diffusion vector are 
convoluted to generate the diffusion excitation 
vector. An excitation vector diffusion 

excitation vector component is obtained by 
multiplying the diffusion excitation vector by 
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the decoded gain, and "he results are outputted 
to the adaptive code cook renewing section 23. 
The adaptive code book renewing section 23 
first obtains an adaptive code vector based on 
5 the index of the adaptive code book received 
from the parameter coder 17 from the adaptive 
code book 22, and obtains excitation vector 
adaptive code book components by multiplying 
the obtained adaptive code vector by the 
10 decoded gain of the adaptive code book. Next, 
the obtained excitation adaptive code book 
components are added to the excitation vector 
diffusion excitation vector components inputted 
from the convolution section 13 in order to 
15 generate excitation vectors, wherein the 
generated excitation vectors are outputted to 
the adaptive code book 22. Herein, the 
previously stored code vectors existing in the 
adaptive code book 22 are renewed by the 
20 abovementioned excita-ion vectors inputted from 
the adaptive code book renewing section 23. 
[0057] 

Further, although, in the preferred 
embodiment, a description was given of an 
25 example in which generation information of the 
same code vectors as in the algebraic code book 
is stored in the excitation information storage 



section 14, the preferred embodiment can be 
carried out as well in cases where generation 
information of the other code books or the 
other code book itself are stored. Furthermore, • 
in the preferred embodiment, a description was 
given of an example where random matrices are 
stored in the diffusion vector storage section 
11. However, the preferred embodiment may be 
applicable to cases where matrices obtained 
from learning or those obtained by knowledge 
a r e u s e d . 
[0058] 

A CELP type speech decoder is used for the 
preferred embodiment. However, the invention 
may be applicable to VOCODER type, or other 

speech decoders. 

[00 59] 

[Effects of the invention] 

As described above, with the present invention, 
various advantages can be brought about, for 
example, minimal calculations may be sufficient 
for retrieval of a code book, the ROM capacity 
may be reduced, and excellent quality 
synthesized speech can be developed. 
[BRIEF DESCRIPTION OF THE DRAWINGS] 

[FIG. 1] is a block diagram showing the major 
parts of a speech decoder according to a 
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preferred embodiment of the invention, 
[FIG. 2] is a block diagram showing a CELP type 
speech decoder according to the preferred 
embo.diment of the invention, 
5 [FIG. 3] (a) is a block aiagraro. showing the major 
parts of a speech coder according to 
preferred embodiment of the invention, and (b) 
is a block diagram showing the major parts of a 
speech coder according to a preferred 
10 embodiment of the invention, 

[FIG. 4] is a block diagram showing a CELP type 
speech coder according to a preferred 
embodiment, of the invention, 

[FIG. 5] is a block diagram showing a prior art 
15 CELP type speech decoder, ana 

[FIG. 6] is a block diagram showing a prior art 
CELP type speech coder. 
[Description of the Symbols] 
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